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Abstract

Vocoders reconstruct speech waveforms from acoustic fea-
tures and play a pivotal role in modern TTS systems. Frequent-
domain GAN vocoders like Vocos and APNet2 have recently
seen rapid advancements, outperforming time-domain models
in inference speed while achieving comparable audio quality.
However, these frequency-domain vocoders suffer from large
parameter sizes, thus introducing extra memory burden. In-
spired by PriorGrad and SpecGrad, we employ pseudo-inverse
to estimate the amplitude spectrum as the initialization roughly.
This simple initialization significantly mitigates the parame-
ter demand for vocoder. Based on APNet2 and our stream-
lined Amplitude prediction branch, we propose our FreeV,
compared with its counterpart APNet2, our FreeV achieves
1.8 x inference speed improvement with nearly half parame-
ters. Meanwhile, our FreeV outperforms APNet2 in resynthe-
sis quality, marking a step forward in pursuing real-time, high-
fidelity speech synthesis. Code and checkpoints is available at:
https://github.com/BakerBunker/FreeV
Index Terms: speech synthesis, neural vocoder, signal process-
ing, waveform synthesis

1. Introduction

Recently, there has been a rapid advancement in the field of
neural vocoders, which transform speech acoustic features into
waveforms. These vocoders play a crucial role in text-to-speech
synthesis, voice conversion, and audio enhancement applica-
tions. Within these contexts, the process typically involves a
model that predicts a mel-spectrogram from the source text or
speech, followed by a vocoder that produces the waveform from
the predicted mel-spectrogram. Consequently, the quality of the
synthesized speech, the speed of inference, and the parameter
size of the model constitute the three primary metrics for as-
sessing the performance of neural vocoders.

Recent advancements in vocoders, including iSTFTNet [1],
Vocos [2], and APNet [3], have shifted from the prediction of
waveforms in the time domain to the estimation of amplitude
and phase spectra in the frequency domain, followed by wave-
form reconstruction via inverse short-time Fourier transform
(ISTFT). This method circumvents the need to predict exten-
sive time-domain waveforms, thus reducing the models’ com-
putational burden. ISTFTNet, for example, minimizes the com-
putational complexity by decreasing the upsampling stages and
focusing on frequency-domain spectra predictions before em-
ploying ISTFT for time-domain signal reconstruction. Vocos
extends these advancements by removing all upsampling lay-
ers and utilizing the ConvNeXtV?2 [4] Block as its foundational
layer. APNet [3] and APNet2 [5] further refine this approach
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Figure 1: Inference speed and reconstruction performance of
multiple methods trained and evaluated on LJSpeech. The
size of the circle represents the model parameter size. FreeV
achieves the fastest inference speed and reconstruction quality
with half parameter size compared to APNet2.

by independently predicting amplitude and phase spectra and
incorporating innovative supervision to guide phase spectra
estimation. Nonetheless, with comparable parameter counts,
these models often underperform their time-domain counter-
parts, highlighting potential avenues for optimization in the pa-
rameter efficiency of frequency-domain vocoders.

Several diffusion-based vocoders have integrated signal-
processing insights to reduce inference steps and improve re-
construction quality. PriorGrad [6] initially refines the model’s
priors by aligning the covariance matrix diagonals with the en-
ergy of each frame of the Mel spectrogram. Extending this in-
novation, SpecGrad [7] proposed to adjust the diffusion noise
to align its dynamic spectral characteristics with those of the
conditioning mel spectrogram. Moreover, GLA-Grad [8] en-
hances the perceived audio quality by embedding the estimated
amplitude spectrum into each diffusion step’s post-processing
stage. Nevertheless, the reliance on diffusion models results in
slower inference speeds, posing challenges for their real-world
application.

In this work, we introduce FreeV, a streamlined GAN
vocoder enhanced with prior knowledge from signal processing,
and tested on the LISpeech dataset [9]. The empirical outcomes
highlight FreeV’s superior performance characterized by faster
convergence in training, a near 50% reduction in parameter size,
and a notable boost in inference speed. Our contributions can
be summarized as follows:

¢ We innovated by using the product of the Mel spectrogram
and the pseudo-inverse of the Mel filter, referred to as the
pseudo-amplitude spectrum, as the model’s input, effectively
easing the model’s complexity.

¢ Drawing on our initial insight, we substantially diminished
the spectral prediction branch’s parameters and the time
required for inference without compromising the quality
achieved by the original model.



2. Related Work
2.1. PriorGrad & SpecGrad

Based on diffusion-based vocoder WaveGrad [10], which di-
rect reconstruct the waveform through a DDPM process, Lee
et al. proposed PriorGrad [6] by introducing an adaptive
prior N'(0,3), where X is computed from input mel spec-
trogram X. The covariance matrix 3 is given by: 3 =
diag[(0%,03, - ,0%,)], where o3, denotes the signal power
at dth sample, which is calculated by interpolating the frame en-
ergy. Compared to conventional DDPM-based vocoders, Prior-
Grad utilizes signal before making the source distribution closer
to the target distribution, which simplifies the reconstruction
task.

Based on PriorGrad, SpecGrad [7] proposed adjusting the
diffusion noise in a way that aligns its dynamic spectral charac-
teristics with those of the conditioning mel spectrogram. Spec-
Grad introduced a decomposed covariance matrix and its ap-
proximate inverse using the idea from T-F domain filtering,
which is conditioned on the mel spectrogram. This method en-
hances audio fidelity, especially in high-frequency regions. We
denote the STFT by a matrix G, and the ISTFT by a matrix G,
then the time-varying filter L can be expressed as:

L=G"DaG, 1)

where D is a diagonal matrix that defines the filter, and it is ob-
tained from the spectral envelope. Then we can obtain covari-
ance matrix ¥ = LL” of the standard Gaussian noise A/ (0, X)
in the diffusion process. By introducing more accurate prior to
the model, SpecGrad achieves higher reconstruction quality and
inference speech than PriorGrad.

2.2. APNet & APNet2

As illustrated in Figure 2, APNet2 [5] consists of two compo-
nents: amplitude spectra predictor (ASP) and phase spectra pre-
dictor (PSP). These two components predict the amplitude and
phase spectra separately, which are then employed to recon-
struct the waveform through ISTFT. The backbone of APNet2
is ConvNeXtV2 [4] block, which is proved has strong modeling
capability. In the PSP branch, APNet [3] proposed the paral-
lel phase estimation architecture at the output end. The parallel
phase estimation takes the output of two convolution layers as
the pseudo imaginary part I and real part R, then obtains the
phase spectra by:

arctan(é) — g -sgn(l) - [sgn(R) — 1] )
where sgn is the sign function.

A series of losses are defined in APNet to supervise the
generated spectra and waveform. In addition to the losses used
in HiFiGAN [11], which include Mel loss £,,.;, generator loss
L4, discriminator loss L4, feature matching loss £y,,, APNet
proposed:

 amplitude spectrum loss £ 4, which is the L2 distance of the
predicted and real amplitude;

* phase spectrogram loss £p, which is the sum of instanta-
neous phase loss, group delay loss, and phase time difference
loss, all phase spectrograms are anti-wrapped;

e STFT spectrogram loss Lg, which includes the STFT con-
sistency loss and L1 loss between predicted and real recon-
structed STFT spectrogram.

Mel Spectrogram
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Figure 2: The overall architecture of FreeV, the amplitude pre-
diction branch (ASP) of APNet2, which has red background, is
replaced by a more lightweight architecture with back-
ground.

3. Method

“When we structure the informative prior noise closer to the
data distribution, can we improve the efficiency of the model?”
— PriorGrad

3.1. Amplitude Prior

In this section, we investigate how to obtain a prior signal closer
to the real prediction target, which is the amplitude spectrum.
By employing the given Mel spectrum X and the known Mel
filter M, we aim to obtain an amplitude spectrum A that mini-
mizes the distance with the actual amplitude spectrum A, while
ensuring that the computation is performed with optimal speed,
as the following equation:

minHAM—AH 3)
2

We investigated several existing implementations for this task.
In Section 2.1, the SpecGrad method, Gt DGe requires prior
noise € as input, therefore unsuitable for our goals. In the im-
plementation by the librosa library [12], the estimation of A
employs the Non-Negative Least Squares (NNLS) algorithm to
maintain non-negativity. However, this algorithm is slow due
to the need for multiple iterations, prompting the pursuit of a
swifter alternative. TorchAudio’s implementation [13] calcu-
lates the estimated amplitude spectrum through a singular least
squares operation followed by enforcing a minimum thresh-
old to preserve non-negativity. Despite this, the recurring need
for the least squares calculation with each inference introduces
speed inefficiencies.

Considering that the Mel filter M remains unchanged
throughout the calculations, we can pre-compute its pseudo-
inverse, denoted as M . Then, to guarantee the non-negativity
of the amplitude spectrum and maintain numerical stability in
training, we impose a lower bound of 10" on the values of the
approximate amplitude spectrum. We find there are some neg-
ative values in the pseudo-inversed mel filter, causing negative
blocks in estimated amplitude, which can be easily found in Fig-
ure 3b, so we add an Abs function to the product of M/ ™ and X.
This allows us to derive the approximate amplitude spectrum A
using the following equation:

A = max(Abs(MTX),107°) )
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Figure 3: Comparison of real log amplitude spectra A and esti-
mated log spectra A.

This enables us to efficiently acquire the estimated amplitude
spectrum through a single matrix multiplication operation.

3.2. Model Structure

Our model architecture is illustrated in Figure 2, which con-
sists of PSP and ASP, and uses ConvNextV2 [4] as the model’s
basic block. PSP includes an input convolutional layer, eight
ConvNeXtV2 blocks, and two convolutional layers for parallel
phase estimation structure.

Diverging from APNet2’s ASP, our design substitutes the
conventional input convolutional layer with the pre-computed
pseudo-inverse Mel filter matrix M+ of the Mel filter M with
frozen parameters. Due to the enhancements highlighted in Sec-
tion 3.1 that substantially ease the model’s complexity, the num-
ber of ConvNeXtV2 blocks is reduced from eight to a single
block, thereby substantially reducing both the parameter foot-
print and computation time.

Concurrently, the ConvNeXtV2 module’s input-output di-
mensions have been tailored to align with those of the amplitude
spectrum, enabling the block to exclusively model the residual
between the estimated and real amplitude spectra, further reduc-
ing the ASP module’s modeling difficulty. Because the input
and output dimensions of the ConvNeXtV2 module match the
amplitude spectrum, we removed the output convolutional layer
from ASP, further reducing the model’s parameter count.

3.3. Training Criteria

In the choice of discriminators, we followed the setup in AP-
Net2 [5], using MPD and MRD as discriminators and adopt-
ing Hinge GAN Loss as the loss function for adversarial learn-
ing. We also retained the other loss functions used by APNet2,
which is described in Section 2.2, and the loss function of the
generator and discriminator are denoted as:

ﬁGen = )\A[fA + APEP + )\S[fS + )\W(»Cmel + Lfm + Cg)
ED’LS = Ed

where Aa, Ap, As, Aw are the weights of the loss, which are
kept the same as in APNet2.

4. Experimental Setup

To evaluate the effectiveness of our proposed FreeV, we follow
the training scheme in APNet2 paper. Our demos are placed at
demo-site'.

4.1. Dataset

To ensure consistency, the training dataset follows the same
configuration of APNet2. Thus, the LJSpeech dataset [9] is
used for training and evaluation. LJSpeech dataset is a public
collection of 13,100 short audio clips featuring a single speaker

'https://bakerbunker.github.io/FreeV/

reading passages from 7 non-fiction books. The duration of the
clips ranges from 1 to 10 seconds, resulting in a total length of
approximately 24 hours. The sampling rate is 22050Hz. We
split the dataset to train, validation, and test sets according to
open-source VITS repository”.

For feature extraction, we use STFT with 1024 bins, a hop
size of 256, and a Hann window of length 1024. For the mel
filterbank, 80 filterbanks are used with a higher frequency cutoff
at 16 kHz.

4.2. Model and Training Setup

We compare our proposed model with HiIFIGAN® [11], iSTFT-
Net* [1], Vocos® [2] and APNet2° [5]. In Our FreeV vocoder,
the number of ConvNeXtV2 blocks is 8 for PSP and 1 for ASP,
the input-output dimension is 512 for PSP and 513 for ASP, the
hidden dimension is 1536 for both ASP and PSP.

We trained FreeV for 1 million steps. We set the segmenta-
tion size to 8192 and the batch size to 16. We use the AdamW
optimizer with 81 = 0.8, B2 = 0.99, and a weight decay of
0.01. The learning rate is set to 2 x 10~* and exponentially
decays with a factor of 0.99 for each epoch.

4.3. Evaluation

Multiple objective evaluations are conducted to compare the
performance of these vocoders. We use seven objective met-
rics for evaluating the quality of reconstructed speech, includ-
ing mel-cepstrum distortion (MCD), root mean square error
of log amplitude spectra and FO (LAS-RMSE and FO-RMSE),
V/UV F1 for voice and unvoiced part, short time objective in-
telligence (STOI) [14] and perceptual evaluation speech quality
(PESQ) [15]. To evaluate the efficiency of each vocoder, model
parameter count (Params) and real-time factor (RTF) are also
conducted on NVIDIA A100 for GPU and a single core of Intel
Xeon Platinum 8369B for CPU.

For the computational efficiency of the prior, we also con-
ducted RTF and LAS-RMSE evaluations to the NNLS algo-
rithm of librosa, least square algorithm of torchaudio, pseudo-
inverse algorithm, and pseudo-inverse algorithm with absolute
function mentioned in Section 3.1.

Table 1: Time and precision of different prior computing meth-
ods, LS stands for Least Square, PI stands for Pseudo Inverse.

Method ‘ NNLS LS PI PI w/ abs

Time (J) 290ms  286us 102us 107 us
LAS-RMSE (}) | 2.0729 2.0729 2.0729 0.6843

5. Experiment Result
We conducted experiments to verify whether our method can
improve the efficiency of the vocoder.
5.1. Computational Efficiency of Prior

The compute method of the estimated amplitude spectra Aif
our key component. We find that the inference speed can be af-

2https://github.com/jaywalnut310/vits/tree/
main/filelists
3https://github.com/jik876/hifi-gan
4https://github.com/rishikksh20/
iSTFTINet-pytorch
Shttps://github.com/gemelo-ai/vocos
Shttps://github.com/redmist328/APNet2



Table 2: Results of objective evaluations on the testset of LISpeech dataset for reconstruction.

Model | MCD(]) LAS-RMSE(l) V/UVFI(1) Periodicity (}) FO-RMSE(]) STOI(T) PESQ(?)
HiFiGAN [11] 3.857 1.150 0.941 0.145 36.03 0.923 3.370
HiFiGAN w/A 3751 1.141 0.945 0.136 34.26 0.928 3.509
iSTFTNet [1] 3.838 1.130 0.941 0.143 36.40 0.925 3.330
iSTFTNet w/A 3.755 1.120 0.944 0.138 34.12 0.927 3.422
Vocos [2] 3.367 0.948 0.941 0.158 45.41 0.948 2.924
APNet?2 [5] 3.518 0.782 0.950 0.132 31.08 0.950 3.029
FreeV (Proposed) 3.112 0.779 0.956 0.118 26.40 0.967 3431
Table 3: Results of parameter and inference speed. " MWW
RTF  RTF : \\\N‘»\_ - \\\v\ M
MOdel Pa‘rams (M) (CPU) (GPU) 10x | S0k S 700k 8GOk P o o &
HiFiGAN 13.9M 0.062  0.0166 @ Lmer ®) Lamp © Lpta
iSTFTNet 13.3M 0.409  0.0092 .
Vocos 13.5M 0.028  0.0006 Figure 4: Loss curves of APNet2 ( ) and FreeV (blue).
APNet2 31.4M 0.062  0.0011 ‘
FreeV (Proposed) | 182M  0.036  0.0006 | o oA
W \\ jLSREERE
fected by the compute speed of the prior. We compare the com- oo o
(a) HiFiGAN (b) iSTFTNet (c) Vocos

pute speed and accuracy on 100 2-second-long speech clips. As
shown in Table 1, the pseudo-inverse method is the fastest way
to compute the estimated amplitude spectra A, and the result
also shows that the Abs function can largely reduce the error of
amplitude spectrogram estimation.

5.2. Model Convergence

In Figure 4a and 4b, we showcase the amplitude spectrum loss
and mel spectrum loss curves related to amplitude spectrum pre-
diction. From these two curves, it can be seen that even though
the number of parameters in the amplitude spectrum predic-
tion branch is significantly reduced, the loss related to ampli-
tude spectrum prediction still remains lower than the baseline
APNet2. This observation affirms the efficacy of the approach
described in Section 3, substantiating a marked decrease in the
challenge of amplitude spectrum prediction. Furthermore, Fig-
ure 4c displays the Phase-Time Difference Loss, which bears
significant relevance to phase spectrum prediction. The im-
provement in amplitude spectrum prediction concurrently ben-
efits phase spectrum accuracy. We assume that the stability
of the amplitude spectrum prediction branch’s training engen-
ders more effective optimization of the phase information by
the waveform-related loss functions.

Furthermore, we extended our experimentation to the base-
line model by substituting its input from the Mel spectrum with
the estimated amplitude spectrum A. The loss curve illustrated
in Figure 5 reveals that this modification also enhanced the
early-stage convergence of these models. This finding suggests
that integrating an appropriate prior is advantageous not only
for our proposed vocoder but also holds potential efficacy for
other vocoder frameworks.

5.3. Model Performance

The model’s performance was evaluated on the test dataset ref-
erenced in Section 4.1, the results of which are detailed in Ta-
ble 2. FreeV outperformed in five out of six objective metrics

Figure 5: Early stage mel loss curves of multiple models trained
with (blue) and without estimated amplitude spectra A (

).

and was surpassed only by HiFIGAN with estimated ampli-
tude spectra in the PESQ metric. These findings indicate that
our method reduces the model’s parameter size and elevates the
quality of audio reconstruction. Furthermore, the comparative
analysis, which includes both scenarios, with and without the
incorporation of the estimated amplitude spectrum A, reveals
that substituting the Mel spectrum X input with the approxi-
mate amplitude spectrum A can also yield performance gains
in standard vocoder configurations. This observation corrobo-
rates the efficacy of our proposed approach.

In parallel, as shown by Table 3, our model’s parameter size
is confined to merely a half of that to APNet2, while it achieves
1.8 inference speed on GPU. When benchmarked against the
time-domain prediction model HiFiGAN [11], FreeV not only
exhibits a considerable speed enhancement, which is approx-
imately 30X, but also delivers superior audio reconstruction
fidelity with comparable parameter count. These results fur-
ther underscore the practicality and advantage of our proposed
method.

6. Conclusion

In this paper, we investigated the effectiveness of employing
pseudo-inverse to roughly estimate the amplitude spectrum as
the initial input of the model. We introduce FreeV, a vocoder
framework that leverages estimated amplitude spectrum Ato
simplify the model’s predictive complexity. This approach not
only reduces the parameter size but also improves the recon-
struction quality compared to APNet2. Our experimental results
demonstrated that our method could effectively reduce the mod-
eling difficulty by simply replacing the input mel spectrogram
with the estimated amplitude spectrum A.
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